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[Embodiment for carrying out the invention] 

Configuration of "hearing aid having a speed of speech conversion facility" 
which is embodiment is described when taken with the drawing. 

FIG. 1-FIG. 5 is a chart explaining technique to prohibit speed of speech 
conversion in self-speech production in hearing aid having a speed of speech 
conversion facility. FIG.l is a block diagram which shows configuration of 
hearing aid having a speed of speech conversion facility. This hearing aid 
determines it whether audio signal input from mic 1 is in signal of "the voice 
that user uttered". In the event of the voice that user emitted, it is output with 
status only for amplification. This audio signal is extended in terms of time, 
and, in the event of the voice that a person aside from user emitted, it is output. 
By this, it is easy to be heard in user, and it is done. When signal of speech 
sound is extended in terms of time, it seems to become the following. 
Extending it cannot merely make it natural speech sound uniformly. 

When a person talks slowly, "interval of articulation(silent interval)" gets 
longer. And' pronunciation time of a vowel sound becomes a little long. 

However, most of the pronounciation time of a consonant does not vary. 

Thus, with this hearing aid, silent interval and vowel sound interval (phonic 
interval of vocal sound) extend it, and it is output. 

In addition, consonant interval (unvoiced sound interval) outputs it without 
extending it. By this, this realizes elongation of natural speech sound. 
In addition, silent interval and vowel sound interval can set "scale factor to 
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extend individually". In FIG. 1, hearing aid comprises the thing that the 
following says it. Mic 1, Anti-aliasing filter 2, Input unit comprising A/D 
converting circuit 3, DSP circuitry 12, Signal processing division 6 
comprising memory circuit 13 5 D/A conversion circuitry 7, Lowpass filter 8 5 
Equalizer 9, Amp 10, Output part comprising receiver 11, Clock generator 4, 
Clock circuit comprising sampling clock generation circuit 5, Speaker 
identification department 14 (it identifies it whether the audio signal which it 
received with mic 1 is in the voice that user emitted). It comprises these. 
Mic 1 takes in air vibration as audio signal. 

This is converted into analog electrical signal, and it is output. 

Anti-aliasing filter 2 is so-called lowpass filter. 

A/D converting circuit 3 is warped with AD conversion. 

It prevents this generate. Therefore, from an analog signal input from mic 1, 
the following is cut. 

Sampling frequency (f = 16kHz) of A/D converting circuit 3, 1/2 "high 
frequecy sound of 8kHz greater or equal." 

This is cut. 

A/D converting circuit 3 converts "an analog signal cut high frequecy sound 
with anti-aliasing filter 2" to a digital signal 

Sampling frequency of A/D converting circuit 3 is 16kHz as had stated 
above. 

A sampling clock of this frequency is given from sampling clock generation 
circuit 5. 

As for sampling clock generation circuit 5, divide does "high-speed clock 
signal (several decades mega Hz) that clock generator 4 occurs". 
And it generates a sampling clock. 

The high-speed clock signal that clock generator occurs is provided as an 
action clock of DSP circuitry 12. 

Signal processing division 6 is a circuitry doing a speed of speech conversion 
process (a tensile process) for " digital signal input from A/D converting 
circuit 3". 

By a microprogram, the following processes are done. 
It cuts audio signal. And it extends voice part among cut audio signal. 
D/A conversion circuitry 7 converts "a digital signal processed with signal 
processing division 6" to an analog signal. 
These processes are done in a microprogram. 
Lowpass filter 8 comprises cut off frequency of 8kHz. 
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It turns around "the analog signal which D/A conversion circuitry 7 output", 
and noise is removed. This analog signal is input into equalizer 9. 

Thus a signal level of middle-high frequency singal level area can leave 
boost. 

A frequency characteristic is changed to hearing acuity of user as above. 
Signal output from equalizer 9 is amplified in amp 10 by signal of enough 
power. 

And it is input into receiver 1 1 . 

This process may be done with DSP circuitry 12 without providing equalizer 
9. 

Receiver 1 1 is loaded by ear of user. 

An input analog signal is converted into air vibration, and it is ejected in 
external acoustic meatus of user. 

When audio signal is input from mic 1, this signal goes through anti-aliasing 
filter 2, and it is converted to a digital signal with A/D converting circuit 3. 

And it is input into DSP circuitry 11. 

With speaker identification region 14, it is identified at the same time 
whether this audio signal is the voice that user oneself emitted. 

When it was identified if there is not speaker identification department 14 in 
the voice that user emitted (it is the voice that a person aside from user 
emitted), DSP circuitry 12 extends a time-variant of an input digital signal. 
It is explained in detail in description of flowchart of FIG. 2 about this tensile 
process. 

An extended digital signal is converted into an analog signal with D/A 
conversion circuitry 7. 

After, in " 9, lowpass filter8, equalized, amp 10", "destruction of lapel noise, 
equalizing, amplification" were put, sound is output from receiver 1 1 . 

When it was determined that input audio signal is the voice that user oneself 
gave off by speaker identification department 14, it seems to become the 
following. 

DSP circuitry 12 does not extend an input digital signal. 

It just outputs it to D/A conversion circuitry 7. As for the voice that user 
oneself emitted, equalizing and the amplification are done by this. 

As for the time elongation, it is output sound from receiver 1 1 without doing 
it. 

FIG.2 is flowchart which shows signal conditioning of the hearing aid. 

As for the audio signal taken in with mic 1, it is cut high frequecy sound with 
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anti-aliasing filter 2. 

And it is converted into a digital signal with A/D converting circuit 3 (nl). 
This digital signal is taken in memory circuit 13 through DSP circuitry 12 
sequentially (n2). 

To memory circuit 13, "data of an N piece brought peace to as one frame" is 
memorized. 

It is identified with speaker identification department 14 therewith whether a 
speaker is in user (n3). 

When it is identified here if there is not a speaker in user, it seems to become 
the following. 

It does a speed of speech conversion process as against data memorizing to 
memory circuit 13. (n4-nl2). 

The digital data which did a speed of speech conversion process is output to 
D/A conversion circuitry 7. 

On the other hand, a speed of speech conversion process is not done when it 
is identified when a speaker is user. 

It outputs an input digital signal to D/A conversion circuitry 7. 

Speed of speech conversion handling of n4-nl2 is described now. 

At first this frame determines voice interval or silent interval. 

Because of this short time mean voice power El of memorized frame data 
(sampling data of an N piece) is demanded from memory circuit 13 (n4). 

"Short time mean voice power El" is the value that did summation of "the 
value that square did each data in frame interval" in 1/N. 

"Threshold value PI set beforehand" is compared with "this short time mean 
voice power El". 

For the case El > PI, it is determined to being voice interval. For the case 
El <P1, it is determined to being silent interval (n5). 

It is determined that it is voice interval, and it is (n5) 

By this, frequency fz of this data is calculated (n6). 

Frequency fz extracts it from a zero intersection number of times of this 
frame data: 

And this frequency is analyzed, and identification (voice or unvoiced sound) 
is done (n7). 

Voice is mainly a vowel sound, and, here, unvoiced sound is mainly a 
consonant. 

Because of this, in "frequency included in voice" and "frequency included in » 
unvoiced sound", unvoiced sound is almost high, and voice is low. 
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Thus, it is voice when there are a little zero intersection number of timeses 
(when frequency is low). 

When there are much zerq intersection number of timeses (when frequency is 
high), it is unvoiced sound. 

In this embodiment, frequency fz pursued from a zero intersection number of 
times compares it with threshold value frequency fzl set beforehand. 

In there, it is identified as follows. 

(fz> fzl, unvoiced sound interval): 

(fz <fzl, voice interval): 

When when it was voice interval in n7, was identified, frame data begin to be 
cut in suitable window spreading. And an auto correlation function is 
demanded (n8). 

And pitch period is pursued from this found autocorrelation function. (n9) 
a zero crossing having "the regular differential coefficient which is the nearest 
to origin of interval" is done with origin. 

There is origin of the next pitch interval of "back of overall length of pitch 
interval". 

It assumes data before this one end point. And it cuts and brings down a 
waveform for elongation (nlO). 

And it begins to drain it off as the next data. It connects data for overall 
length of pitch interval from origin. By it, it repeats a waveform (nil). 

When it identified it when it is unvoiced sound interval in n7, it does not 
handle n8-nl 1. And it outputs it. 

In other words, for vowel sound interval, elongation is processed with scale 
factor set beforehand. 

For consonant interval, a tensile process is not done. 

When it was identified when it is silent interval in n5, silent interval of 
overall length set beforehand is inserted (nl2). 

As thus described, as for the hearing aid, speed of speech conversion 
processes the voice that another person emitted by handling it, and it is output. 

And the voice that user emitted is output without handling speed of speech 
conversion. 

Therefore, user of hearing aid can do the next utterance normally. 
In addition, it gets possible to listen for the voice that another person emitted 
clearly slowly. 

A process to identify here whether a speaker in n3 is in user is explained in 
detail. 
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Solid-borne sound is used first. 

And a method to identify whether a speaker is in user is explained. 

FIG. 3 is a chart to show configuration of speaker identification department 
to identify a speaker in using structure borne sound. Speaker identification 
department 14 comprises a thing in the following. 

Bone conduction microphone 21 detecting "vibration, variation of machine" 
of the object which "acceleration sensor, pressure sensor" come in contact 
with directly. 

Amplifier 22 amplifying output of bone conduction microphone 21. 
Comparison data memory circuit 23 storing comparison data. 
Comparator 24 which compares the comparison data with output of amplifier 
22. 14 comprises these. 

Bone conduction microphone 21 is loaded by "part interposed in ear canal" 
of hearing aid. 

At the time of status attached to user to form a specified shape, bone 
conduction microphone 21 is fitted in external acoustic meatus intine of user. 

It is fitted to come into contact directly. 

It is fitted through holding structure to come into contact. 

Bone conduction microphone 21 detects vibration of external acoustic 
meatus intine occurring by means of phonation of user. 

This is converted into electrical signal, and it is output. 

This signal is amplified by means of amplifier 22. 

Amplification factor of this amplifier 22 is set beforehand. 

"Comparison data stored to comparison data memory circuit 23" is compared 
with "signal amplified with this amplifier 22" with comparator 24. 

In this comparison, 24 outputs "signal showing that a speaker is user". In that 
case, when signal amplified with amplifier 22 is bigger than comparison data. 

In the event of others, "the signal which a speaker shows a few thing in in 
user" is output. 

Signal processing division 6 is handled as follows. 

When input signal was the signal which showed that a speaker was user , for 
audio signal taken with mic 1, speed of speech conversion is not processed. 

And it is just output to D/A conversion circuitry 7. 

FIG. 4 is a chart to show configuration to identify whether a speaker is in 
user in from space propagation sound. 

In this circuit, "speaker identification microphone 31 to detect the voice that 
user emits" are used. For example, it is inserted into ear of user with 
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earphone type, and it is big, and speaker identification microphone 31 detects 
a voice of user. It is other voices, and a big voice is detected with this 
microphone. This circuitry is equal to or less than it not to mistake this for a 
voice of user, is arranged. 
In FIG. 4, the audio signal which speaker identification microphone 3 1 took 
in is amplified with amplifier 33. 

The audio signal which was busy with mic 1 is amplified with -amplifier 32. 
Signal A which amplifier 33 outputs is compared with signal B which 
amplifier 32 outputs with comparator 34. 

Amplifier 32, 33 amplification factor accept position installing "mic 1, 
speaker identification microphone 31", and it is determined individually. 

When signal A is bigger than signal B, comparator 34 shows that a speaker is 
user, it supplies a signal. 

When this signal was input, DSP circuitry 12 prohibits a speed of speech 
conversion process for the audio signal which was busy from mic 1 . 

By the above-mentioned configuration, an uttered voice aside from user 
grows big. 

Or speaker identification microphone 31 takes it in greatly. 
Even if there are these, it disappears to mistake this for a voice of user. 
FIG. 4 compares signal B with signal A in analog circuit. 
This comparison can be done by means of a facility of DSP circuitry 12. 
For this case, A/D converts an output signal of speaker identification 
microphone 3 1 to being similar. 
And it is input to DSP circuitry 12. 

Along with these processes, action shown in FIG. 5 is done. 

Signal B taken in with signal A and mic 1 received with speaker 
identification microphone 31 is amplified with a prescribed coefficient (n21, 
n22). 

And amplified signal A is compared with them (n23). 

A coefficient as opposed to signal A, B accepts position installing "mic 1, 
speaker identification microphone 31", and it is determined individually. 

When signal A is bigger than signal B, it is determined that a speaker is user 
as a result of comparison (n24). 

In the event of others, a speaker judges it not to be it in user (n25). 

As thus described a speaker can be identified precisely by doing it when 
generate of a person aside from user is extremely big. 

It is signal processing division 6, and, based on this signal, the described 
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above speed of speech conversion process is prohibited. 

And the vocal special feature that user emits is memorized. 

It is determined whether this signaling is in a voice of user from a special 
feature of input audio signal. 

Embodiment of devise to have these special features toward is explained 
(hearing aid having a speed of speech conversion facility) 

FIG. 6 is a block diagram of the hearing aid. 

In this embodiment, a period to be different from hearing aid shown in FIG. 
1 in configuration is equal to or less than it. Speaker identification 
department 14 is not comprised. 

"User voice special feature storage area 13a" storing the phonic special 
feature that user emitted to memory circuit 13 is had. 

It is different from it by possessing this. 

A process to identify whether a speaker is in user is different from the 
embodiment in a different thing in action of this hearing aid. 
It is same about other processes (speed of speech conversion processes). 
Here, only a process to identify whether a speaker is in user is explained. 
Description is omitted about other action. 

FIG.7 is flowchart which shows speaker identification handling of this 
embodiment. 

User of hearing aid makes "user voice special feature storage area 13 a" *store 
the vocal special feature that oneself gave off beforehand (cf. FIG. 7 (A)). 

Hearing aid is changed in register mode to make this 13a store the vocal 
special feature that oneself gave off. 

And user inputs one's voice into mic 1 (n31). 

This audio signal passes anti-aliasing filter 2. 

With A/D converting circuit 3, it is converted into a digital signal. 

And it is sent to signal processing division 6. 

With signal processing division 6, DSP circuitry 12 does linear predictive 
coding of this signal (n32). 

"The phonic special feature that the person who is user gave off 1 is extracted 
(n33). 

And this extracted phonic character is stored in user voice special feature 
storage area 13a (n34). 
Time (time of busy condition) (FIG. 7 (B) cf FIG. 7 (B)) of a normal mode. 
As this occurs, hearing aid takes in audio signal with mic 1 (n41). 
This busy audio signal is input into signal processing division 6 in a path the 
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same as the above. 

With signal processing division 6, DSP circuitry 12 does linear predictive 
coding of this signal (n42). 

A special feature of this audio signal is extracted (n43). 
The phonic special feature that extracted it in n43 is compared with a phonic 
special feature memorized in 13a. 
And a similarity is evaluated. 

When a validation period in this validation is bigger than set point, it is 
identified when a speaker is user. 

When a validation period is smaller than set point, it is identified if there is 
not a speaker in user. 

Speaker identification department 14 is arranged with a switch, it may make 
recognition signal input in user oneself. 

By way of example only, while a switch turns on signal processing division 6, 
it is done in configuration to prohibit a speed of speech conversion process. 

While oneself talks, user turns on this switch. 

By this, a facility of this devise can be realized. 

In addition, while a switch turns off signal processing division 6 adversely, it 
is done in configuration to prohibit a speed of speech conversion process. 

User should turn off this switch then while oneself talks. 

In addition, this electric switch is not main switch to stop action of hearing 
aid. 

This is the switch that authorization / prohibits a speed of speech conversion 
process. 

While a speed of speech conversion process is prohibited, audio signal input 
from mic 1 is amplified, and it is output from receiver 11. 
As discussed above it seems to become the following. 
Busy audio signal is the voice that user emitted. 

As for being similar, hearing aid does not do a speed of speech conversion 
process then. 
And this audio signal is output. 
Busy audio signal is not the voice that user emitted. 
At this time, a speed of speech conversion process is done. 
And this audio signal is output. 

Therefore, user of hearing aid listens to the voice that oneself who cannot 
leave speed of speech conversion gave off. 
And user of hearing aid submits feedback to the next utterance. 
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Therefore, the next utterance can be done normally. 
In addition, the voice that speed of speech conversion processed another 
person emitted is heard. 
By this, this can be listened to clearly slowly. 

When it makes devise of claim 2 support the embodiment, and it realizes, it 
seems to become the following. 

A voice discriminating means has user phonetic memory means. 

Linear analyzes the voice that user emitted into the means, and a special 
feature is extracted, and it is stored. 

"A special feature extraction means" linear analyzes the audio signal that it 
was busy, and to extract a special feature is comprised. 

A special feature stored in the user phonetic memory means is compared 
with character extracted in the feature extraction means. 

It is means to identify whether the signal which was busy from the similarity 
is in the voice that user emitted. 



Brief Description of the Drawings 
[FIG. 1] 

The block diagram which shows configuration of hearing aid having a speed 
of speech conversion facility 
[FIG. 2] 

Flowchart to show signal conditioning of the hearing aid 
[FIG. 3] 

Block diagram of speaker identification department to identify a speaker 
using sound transmitted through a solid 
[FIG. 4] 

Block diagram of speaker identification department to identify a speaker 
using sound transmitted through air 
[FIG. 5] 

Flowchart to show a process to identify a. speaker using sound transmitted 
through air 
[FIG. 6] 

A block diagram to show configuration of hearing aid having the speed of 
speech conversion facility that is embodiment of this devise in 
[FIG. 7] 
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Flowchart to show a process of the speaker identification which 
embodiment of this devise 

[Denotation of Reference Numerals] 
(1) mic 

(6) signal processing division 

(12) DSP circuitry 

(13) memory circuit 

(13a) area to store a user voice special feature 



